Abstract. Digital signal processing techniques are widely used in complex electromagnetic environment. In this paper, digital filtering techniques in PMR are studied to reduce the influence of high frequency interference, noise and burrs on angle measurement. Firstly, the digital filter for PMR is designed instead of the analog filter. Then, the performance and filtering effect of the digital filter is verified by computer simulation. Finally, the digital filter is implemented with TMS320F2812 DSP. The test results shows that the designed digital filter can effectively improve the quality of the received signal and provide condition for high precision angle measurement.
Introduction
Microwave landing system (MLS) is a precise landing guidance system, which plays an important role in the safe landing of aircraft [1] . Portable microwave landing system receiver (PMR) is testing equipment for the installation and maintenance of MLS, and it can real-time test signal parameters and data from ground equipment to check the integrity, system accuracy and stability of MLS, and to monitor the influence of ground environment. Considering the advantages of digital filtering technique, such as high reliability, good stability, convenient parameter modification and easy debugging, this paper first designs a digital filter for PMR instead of the analog filter. Then, the performance and filtering effect of the digital filter is verified by computer simulation. Finally, the digital filter is implemented with TMS320F2812 DSP [3] [4] [5] [6] [7] . The test results shows that the designed digital filter can effectively improve the quality of the received signal and provide condition for high precision angle measurement.
Design of PMR Digital Filter
The designed digital filter is used for processing baseband signal. According to the bandwidth of PMR baseband signal, the designed digital filter should meet the requirement of 2nd-order Butterworth analog low-pass filter with 3dB bandwidth of 26 kHz. The design steps are as follows:
(1) Frequency Predistortion Processing The 3dB bandwidth f of analog low-pass filter is 26 kHz. Assume the sampling interval to be Ts, the digital angular frequency is:
(1) The digital angular frequency is pre-distorted by the following formula, and the analog angular frequency is obtained.
(2) The system function of the normalized 2nd-order Butterworth analog low-pass filter HLP (s) is obtained by looking up the table [2] . H s √ (3) (3) The system function HLP(s) of the normalized analog low-pass filter is transformed into the system function H s of the analog low-pass filter with 3dB analog angular frequency of Ω , which is expressed as follows:
The system function H s of the analog filter is transformed into the system function H z of the digital filter by bilinear transformation. The transformation expression is as follows:
For PMR, the sampling frequency fs of baseband signal is 6.25 MHz, then Ω = 163372.113893 rad/s, and Ts=1/fs=0.16 μs. By substituting these parameters into the upper formula, the transfer function of the digital filter can be further written as
(5) The frequency response H e of digital filter is calculated based on H z , and the amplitude-frequency function H e is further calculated from the frequency response. The amplitude-frequency characteristic is drawn to verify the performance of the designed filter.
H e H z | (7) (6) According to H z , the difference equation of the filter is as follows: y n 0.000167 x n 2x n 1 x n 2 1.963039y n 1 0.963710y n 2 (8) The baseband signal is processed with the above input-output relationship of the digital filter.
Filter Performance Simulation
The performance and filtering effect of the digital filter is verified by computer simulation. Firstly, according to the transfer function expression (6), the amplitude-frequency characteristic is drawn to test performance of the designed digital filter. The amplitude-frequency characteristic is shown in Fig. 1 . The results show that the 3dB bandwidth of the designed filter corresponds to a frequency of 26 kHz, which meets the design requirements. Secondly, effectiveness of processing baseband signal is tested. Expression (8) is used to processing baseband signal, and performance comparisons are shown in Figure 2 -4 with the signal-to-noise ratios of -3dB, 3dB and 10dB. The results show that the designed digital filter can mitigate the influence of noise and provides conditions for the measurement of signal parameters and the improvement of accuracy. 
Digital Filter Implementation
An important function of PMR is to acquire azimuth and glide angle by measuring the to-fro time Interval of scanning beam transmitted by MLS ground equipment. To achieve the function, the hardware circuit is shown in Fig. 5 . TI's TMS320F2812 fixed-point DSP is the core processor in the circuit, and because the device includes FLASH memory, SRAM memory, A/D converter and watchdog circuit, it can simplify the hardware circuit. The crystal oscillator circuit generates a periodic signal with a frequency of 30MHz, and the signal is multiplied 5 times by PLL circuit. The periodic square wave with a frequency of 150 MHz is output as the clock of the central processing unit (CPU). The watchdog circuit prevents the program from "running away" because of interference. FLASH memory is used for storing programs and SRAM memory stores real-time collected data and processed results. Considering that the program running directly in FLASH memory cannot meet the real-time requirements, the program stored in FLASH memory is downloaded to SRAM memory, and then run in SRAM memory. The amplitude of baseband signal is first adjusted to 0-3V by conditioning circuit to adapt A/D converter. Secondly, the analog signal is converted into digital signal by 12-bit A/D converter in DSP with a sampling frequency of 6.25MHz. Finally, the digital signal is processed by DSP and the processed result is sent to host computer via USB. The flow chart of signal processing is shown in Figure 6 . Firstly, the control register of the DSP is initialized. Then, the digital signal is filtered by the designed digital filter to mitigate the influence of high frequency interference, noise and burrs. The filtered signals are further processed by bubble algorithm, multipath suppression algorithm and peak detecting algorithm based on position line cross location to estimate high-precision angle information. Finally, the real-time angle data are further post-processed to get the final angle [7] . The test results show that the maximum angle error is less than 0.005º. Angle error is mainly caused by noise, jitter of sampling clock and quantization error in A/D conversion.
Conclusion
Digital signal processing techniques are widely used in engineering implementation to mitigate the influence of complex electromagnetic environment. Firstly, the digital filter for PMR is designed instead of the analog filter in this paper. Then, the performance and filtering effect of the digital filter is verified by computer simulation. Finally, the digital filter is implemented with TMS320F2812 DSP. The test results shows that the designed digital filter can effectively improve the quality of the received signal and provide condition for high precision angle measurement. 
